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(57) A cellular telephone (10) having transmit and 
receive channels with a digital-mode communication ca- 
pability includes also a memory (76) and switching cir- 
cuitry operative under control of a microcontroller (28). 
The switching circuitry enables connection of input and 
output ports (78.80) of the memory (76) to either one of 
the channels. By entry of commands to the microcon- 
troller (28). the microcontroller (28) arranges the config- 
uration of the switching circuitry to permit storage in the 
memory (76) of a message originating locally from a us- 
er of the telephone (10) ; inputted via a microphone (12) 
connected to the transmit channel, or from a distant tel- 
ephone connected via a communication link to the re- 
ceiving channel. Subsequent playback of the message 
from the memory (76) may be coupled via the switching 
circuitry to a speaker (14) of the telephone (10) to be 
heard by a user of the telephone (10) : or may be out- 
putted to the transmit channel for communication to the 
distant telephone. Preferably, the message is stored in 
compressed format to save memory space. Compres- 
sion may be provided by compression circuitry (42) in 
the transmit channel in the event of an inputted analog 
protocol message from the distant telephone. Playback 
may be accomplished by way of expansion circuitry (44) 
of the receive channel. This enables the telephone (10) 
to provide features of prompt, voice pad. transcription, 
and voice mail. In addition, a reduction on a data sam- 
pling rate, in response to the condition of a battery 
charge, permits an extended period of operation of the 
telephone (10) prior to the termination of adequate bat- 
tery voltage. 
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Description 

This invention relates to speech communication by 
a cellular telephone operable in either or both a digital 
mode and in an analog mode of communication and : 
more particularly to the inclusion of a memory for storing 
voice signals in a compressed format for subsequent re- 
call thereby allowing a stored message to be heard by 
a person utilizing the telephone or by a distant party 
communicating via a central base station. 

Cellular telephones may be constructed with a dual- 
mode operational capability wherein , in one mode, voice 
signals are communicated via an analog signal protocol 
and : in the second mode, the voice signals are commu- 
nicated via digital signal compression. Some base sta- 
tions operate in an analog mode while other base sta- 
tions are able to operate in the digital mode. The dual- 
mode telephone is able to take advantage of the digital 
signal protocol when offered by a base station, while fall- 
ing back to the analog signal protocol for base stations 
offering only the analog mode of communication. For ve- 
hicles traveling from the region of one base station to 
the region of a second base station, there is a hand-off 
procedure wherein the cellular telephone automatically 
tunes to a new assigned communications channel and, 
in addition, may undergo a switching between the digital 
and the analog modes of communication. 

It is recognized that dual-mode telephones have cir- 
cuitry for both compression and expansion of speech, 
this circuitry being employed in a vocoder for more effi- 
cient communication of speech between the telephone 
and a distant telephone of the cellular telephone system. 
Compression and expansion circuitry are employed 
generally in electronics for enabling various types of 
communication functions, in addition to the foregoing 
vocoder functions. 

Presently available cellular telephones suffer from 
the disadvantage of being unable to provide additional 
functions associated with the use of telephones, such 
as a voice mail (answer machine) function and possibly 
other functions entailing the storage of speech or mes- 
sage for later recall or playback. This appears to be a 
failure to fully utilize existing circuitry to accomplish oth- 
er useful functions without requiring a major redesign of 
the telephone or significant increase of electronic com- 
ponents within the telephone. For example, in a tele- 
phone which is operable in digital mode, use of the dig- 
ital vocoder circuitry does not seem to be optimised. 

The aforementioned disadvantage is overcome and 
other benefits are provided by a cellular telephone which 
operates in accordance with the invention by providing 
a memory to operate in concert with the existing circuitry 
of the telephone, such as the digital vocoder of a tele- 
phone operable in digital mode. For example, the addi- 
tion of a speech memory to a dual mode telephone 
which is already provided with voice compression and 
expansion circuitry in the telephone's digital vocoder 
presents the opportunity for accomplishing various con- 



venience features which depend on the storage of a 
spoken message for subsequent recall. 

One such feature which is provided by the invention 
may be referred to as a voice pad wherein the telephone 

5 acts as a recording machine. With this feature, upon the 
pushing of a key on a control panel on the telephone, 
all of the received (incoming) speech and/or the trans- 
mitted (outgoing) speech is recorded white the person 
utilizing the telephone is able to maintain a conversa- 

10 tion. The recording of the message terminates upon the 
pushing of a key on the control panel. The playing back 
of the recorded message is accomplished at a later time, 
simply by pushing a key on the control panel. 

A further feature may be referred to as a prompt on 

'5 command wherein an instructional message is recorded 
for subsequent playback upon the occurrence of an in- 
coming call. By way of example in the utilization of this 
feature, an attendee at a meeting might instruct an in- 
coming caller to hold on for a sufficient time to allow the 

20 attendee to exit the meeting to answer the telephone. 
The storing of the instructional message is similar to the 
generation of an outgoing message on an answer ma- 
chine. 

As yet a further feature, the telephone may serve 
25 as a transcriber for receiving dictation to be played back 
at a later time convenient for transcription. At the later 
time, a telephone communication is established with a 
distant telephone, presumably at the location of a sec- 
retary, and the dictation is outputted from the memory 
30 and transmitted to the distant telephone. 

As yet another feature, the telephone may be oper- 
ated as an answer machine wherein, an incoming mes- 
sage is recorded in the memory and, wherein, upon the 
pushing of a button on the control panel, the stored mes- 
3$ sage is played back to a person utilizing the telephone. 

A further feature is operable independently of. and 
in combination with, the operation of the foregoing fea- 
tures utilizing the memory, this feature providing for a 
variable sampling rate in the speech codec. By reducing 
^0 the sampling rate, the number of transitions in the signal 
or logic states of the digital circuitry of the vocoder are 
reduced, this resulting in a reduction in power drain from 
the telephone battery. Accordingly, when the battery is 
nearing the end of its charge, additional conversation 
4 $ can be carried on for a limited period of time, but with 
reduced fidelity due to the lower sampling rate. Reduc- 
tion of the sampling rate may be employed also to con- 
serve available space in the memory for the storage of 
a message, this feature being implemented automati- 
sm cally by use of a memory watchdog circuit. 

Typically, in the construction of a cellular telephone, 
the voice signal is received by a microphone, and is ap- 
plied to pulse code modulation (PCM) circuitry. The 
PCM circuitry includes a codec which obtains analog 
55 samples of the voice signals, and converts the samples 
from analog format to digital format. For transmission 
via the digital communication mode, the telephone is 
provided with a vocoder which includes both digital com- 
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pression and digital expansion circuitry. The compres- 
sion circuitry is employed for transmission of an outgo- 
ing signal and provides a compressed packet of the 
voice signal having a reduced number of samples. The 
expansion circuitry is employed during reception of an 
incoming signal and operates to restore the voice signal 
to the same form which the voice signal had prior to the 
compression. For transmission via the digital mode of 
communication, the signal outputted by the codec is ap- 
plied via the compression circuitry to obtain a digitally 
formatted compressed signal. The compressed signal 
is then encoded in accordance with a digital mode of 
communication, for example : time division multiple ac- 
cess (TDMA) or code division multiple access (CDMA) : 
and then is modulated onto a carrier for transmission to 
the base station. The signal received from the base sta- 
tion is demodulated, decoded, and decompressed to re- 
gain the analog sampled data format of the voice signal. 
This places the received signal in the PCM format ready 
to be applied to a speaker of the radiotelephone by 
which a person hears the received voice. 

In the case of communication via the analog com- 
munication mode, the foregoing compression/expan- 
sion circuitry and TDMA/CDM A modulation and demod- 
ulation circuitry is bypassed by analog protocol trans- 
mission and reception circuitry. The received signal is 
in the PCM format ready to be applied to the speaker by 
which the person hears the received voice signal. It is 
noted that the operation of a radiotelephone entails also 
the use of numerous control signals operative within a 
control channel of the radiotelephone for accomplishing 
tasks such as assignment of communication channels 
to a base station and implementation of hand-off proce- 
dures. A description of such control signals is not nec- 
essary for an understanding of this invention and : ac- 
cordingly, no description of the control signals and of 
their specialized electric circuits is provided herein. 

The foregoing features of the invention can be ac- 
complished with an analog telephone, a digital tele- 
phone, or a dual-mode telephone operable in either the 
analog or the digital mode. In the practice of the inven- 
tion, it is recognized that a significant savings of storage 
space in the memory can be accomplished by the stor- 
ing of speech signals in a compressed format. The com- 
pression of the speech signals is attained by use of com- 
pression circuitry within the vocoder of a digital tele- 
phone or within the vocoder of a dual-mode telephone. 
Accordingly, the preferred embodiment of the invention 
is demonstrated for a dual-mode telephone wherein the 
digital compression circuitry of the vocoder is utilized to 
compress a voice signal prior to its storage in the mem- 
ory unless the incoming voice signal has already been 
compressed by a distant digital telephone. Voice signals 
outputted by the memory are applied to the expansion 
circuitry of the vocoder in order to be heard by a person 
utilizing the telephone, unless the voice signal is to be 
transmitted to a distant telephone in which case the 
voice signal would be expanded at the distant telephone 



4 

to be heard by a user of the distant telephone 

The various functions can be accomplished with the 
aid of switching circuitry which switches an input oort of 
the memory to a receive channel or a transmit channel 

5 or to both of the channels of the telephone in accordance 
with the source of the speech which is to be recorded. 
The switching circuitry is also operative to connect an 
output port of the memory to either the transmit channel, 
or the receive channel of the telephone in accordance 

10 with the location of the intended recipient of the output- 
ted recorded message. In addition, switching circuitry 
provides for a conversion of a received analog mode sig- 
nal to a digital mode by interrupting the receive channel 
and rerouting the received analog signal via the com- 

*5 pression circuitry of the vocoder to the memory. The re- 
routing continues from the memory through the digital 
expansion circuitry of the vocoder to the output speaker 
of the telephone. By such a rerouting of the received 
signal, the person listening to the incoming speech is 

20 able to hear the speech with perfect clarity while, due to 
the compression of the speech, the memory is able to 
store the speech in the compressed digital format. For 
operation of the radiotelephone in an all-digital mode of 
operation, no such rerouting of the received signal is re- 

2S quired, and the received signal as well as the transmit- 
ted signal can be applied directly to the memory for stor- 
age therein. Operation of the various switches is under 
control of a microcontroller unit of the telephone where- 
by automatic operation of the switches is accomplished 

30 in response to commands entered into the keyboard of 
the control panel. 

To summarise, according to one aspect of the 
present invention, there is provided a radiotelephone 
comprising: 

35 

a radio frequency (RF) unit enabling transmission 
and reception of voice signals between the radiotel- 
ephone and a distant site via a base station 

40 a voice input means and a transmit channel inter- 
connecting the voice input means to the RF unit: 

a voice output means and a receive channel inter- 
connecting the voice output means to the RF unit: 

45 

a memory for storing one of said voice signals, said 
one voice signal being carried by either of said 
channels: 

50 switching means comprising an input switch oper- 
ative to direct said voice signal to said memory from 
at least one of said channels, said switching means 
further comprising an output switch operative to di- 
rect said voice signal from said memory to at least 

ss one of said channels: 

controller means, operative in response io a first 
command, for directing said switching means to ef- 
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feet connection of said memory to one of said chan- 
nels for storing in said memory said voice signal car- 
ried by said one channel: and 

wherein said controller means is operative further 5 
in response to a second command, for directing 
said switching means to effect connection of said 
memory to one of said channels for outputting said 
voice signal from said memory. 

10 

In one embodiment, a radiotelephone is provided in 
which in response to said first command, said memory 
stores said voice signal from said transmit channel and, 
in response to said second command, said memory out- 
puts said voice signal to said transmit channel, wherein '5 
said first command is initiated at the radiotelephone and 
said second command is initiated at the distant site for 
attainment of a prompt function. Such a radiotelephone 
may further comprise means for inputting said first com- 
mand to said controller means, and means for extracting 20 
said second command from said receive channel and 
for applying said second command to said controller 
means. 

Optionally, said transmit channel has a digital pro- 
tocol signal portion including a compressor of voice sig- 25 
nals, said receive channel has a digital protocol signal 
portion including an expander of voice signals, and said 
memory stores digitally compressed voice signals. 

In another embodiment, a radiotelephone is provid- 
ed in which in response to said first command, said 30 
memory stores said voice signal from said receive chan- 
nel and, in response to said second command, said 
memory outputs said voice signal to said receive chan- 
nel, wherein said first command is initiated at the radio- 
telephone and said second command is initiated at the 35 
radiotelephone for attainment of a voice-pad function 
with recordation of a distant one of said voice signals 
from the distant site. 

In such a radiotelephone in which said receive 
channel is operative in an analog mode of communica- -to 
tion, the radiotelephone further comprises a speech 
compressor and said switching means is operative for 
routing said distant voice signal from said receive chan- 
nel via said speech compressor to said memory for stor- 
age of said distant voice signal in said memory in com- 4 $ 
pressed format. In this event, it is preferable that said 
speech compressor is located in said transmit channel 
to enable transmission, of an outgoing one of said voice 
signals in a digital communication mode. Also, the radi- 
otelephone may further comprise a speaker and a so 
speech expander located in said receive channel to en- 
able receipt of an incoming one of said voice signals vta 
said digital communication mode, and wherein said 
switching means is operative for routing said distant 
voice signal from said memory via said speech expand- 55 
er to said speaker, said expander serving to convert said 
distant voice signal from a compressed format to a nor- 
mal format to be heard via said speaker. 



The radiotelephone may be a dual-mode radiotele- 
phone having analog and digital branches in each of 
said channels, the radiotelephone further comprising a 
voice compressor located in said digital branch of said 
transmit channel and a voice expander located in said 
digital branch of said receive channel, said voice-pad 
function is attained by storing said voice signal in com- 
pressed format in said memory, and wherein said 
switching means is operative during a playback of said 
voice signal from said memory to rout said voice signal 
from an output port of said memory to said expander for 
converting said voice signal from a compressed format 
to a normal format. 

Alternatively, the radiotelephone may be a dual- 
mode radiotelephone having analog and digital branch- 
es in each of said channels, the radiotelephone further 
comprising a voice compressor located in said digital 
branch of said transmit channel and a voice expander 
located in said digital branch of said receive channel: 

in response to said first command, said memory 
stores said voice signal from said transmit channel 
and, in response to said second command, said 
memory outputs said voice signal to said receive 
channel, said first command and said second com- 
mand being initiated at the radiotelephone for at- 
tainment of a voice-pad function with recordation of 
an outgoing one of said voice signals: 

said switching means is operative during a recorda- 
tion of said outgoing voice signal to rout said outgo- 
ing voice signal via said compressor to said memory 
to attain said voice-pad function by storage of said 
outgoing voice signal in compressed format in said 
memory: and 

said switching means is operative during a playback 
of said voice signal from said memory to rout said 
outgoing voice signal from said memory to said ex- 
pander for converting said voice signal from a com- 
pressed format to a normal format. 

The switching means is preferably operative to ap- 
ply said outgoing voice signal to both said analog and 
said digital branches of said transmit channel to enable 
communication between the radiotelephone and the 
distant site via an analog mode of communication con- 
currently with operation of said voice-pad function with 
storage of said outgoing voice signal in the compressed 
format in said memory. 

In an alternative embodiment, the radiotelephone is 
a dual-mode radiotelephone having analog and digital 
branches in each of said channels, the radiotelephone 
further comprising a voice compressor located in said 
digital branch of said transmit channel and a voice ex- 
pander located in said digital branch of said receive 
channel, a storage of said voice signal in said memory 
being attained by storing said voice signal in com- 
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pressed format in said memory and wherein said 
switching means is operative during a playback of said 
voice signal from said memory to rout said voice signal 
from an output port of said memory to said expander for 
converting said voice signal from a compressed format 
to a normal format: and 

wherein the radiotelephone further comprises a 
battery providing battery-powered operation of the radi- 
otelephone, and means for determining a status of 
stored energy within said battery, said controller means 
being operative to extend a communication function of 
the radiotelephone during a low-energy state of said bat- 
tery by reducing a sampling rate of said compressor. 

In another embodiment, the radiotelephone further 
comprises sampling means for converting an outgoing 
one of said voice signals from analog format to digital 
format; and 

wherein the radiotelephone further comprises a 
battery providing battery-powered operation of the radi- 
otelephone, and means for determining a status of 
stored energy within said battery said controller means 
being operative to extend a communication function of 
the radiotelephone during a low-energy state of said bat- 
tery by reducing a sampling rate of said sampling 
means. 

Alternatively the radiotelephone may further com- 
prise sampling means for converting an outgoing one of 
said voice signals from analog format to digital format: 
and 

wherein the radiotelephone further comprises 
watchdog means for monitoring available storage space 
in said memory, said controller means being operative 
to extend a communication function of the radiotele- 
phone during a state of reduced availability of storage 
space in said memory by reducing a sampling rate of 
said sampling means. 

In a further embodiment: a radiotelephone is pro- 
vided in which in response to said first command, said 
memory stores said voice signal from said transmit 
channel and., in response to said second command, said 
memory outputs said voice signal to said transmit chan- 
nel, wherein said first command is initiated at the radio- 
telephone and said second command is initiated at the 
radiotelephone for attainment of a transcribe function 
with recordation of an outgoing one of said voice signals 
for transcription to the distant site. 

In a still further embodiment, a radiotelephone is 
provided in which in response to said first command, 
said memory stores said voice signal from said receive 
channel and. in response to said second command, said 
memory outputs said voice signal to said receive chan- 
nel, wherein said first command is initiated at the distant 
site and said second command is initiated at the radio- 
telephone for attainment of a voice-mail function with 
recordation of a distant one of said voice signals from 
the distant site. 

According to another aspect of the present inven- 
tion, there is provided a radiotelephone comprising: 
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a radio frequency (RF) unit enabling transmission 
and reception of voice signals between the radiotel- 
ephone and a distant site via a base station: 

5 a voice input means and a transmit channel inter- 

connecting the voice input means to the RF unit: 

a voice output means and a receive channel inter- 
connecting the voice output means to the RF unit: 

10 

sampling means for converting an outgoing one of 
said voice signals from analog format to digital for- 
mat for communication via said transmit channel: 

is a battery providing battery-powered operation of 
the radiotelephone; 

status means for determining a status of stored en- 
ergy within said battery: and 

20 

controller means operative to extend a communica- 
tion function of the radiotelephone during a low-en- 
ergy state of said battery by reducing a sampling 
rate of said sampling means. 

25 

The aforementioned aspects and other features of 
the invention are explained in the following description, 
taken in connection with the accompanying drawing 
wherein the sole figure, Figure 1 , is a block diagram 
30 showing the audio portion of a mobile telephone incor- 
porating the invention, a set of switches of a digital signal 
processor of the telephone for routing a voice signal 
through a vocoder, and a memory for storage and recall 
of a message. 

35 With reference to Fig. 1 , a radiotelephone or mobile 

telephone 1 0 is provided with a microphone 1 2 by which 
the telephone 10 picks up the voice of a person utilizing 
the telephone 10, and a speaker 14 by which a voice 
signal received by the telephone 10 is presented to the 

•*o person utilizing the telephone 10. The voice signal, after 
being suitably encoded and modulated onto a carrier, 
as will be described hereinafter is transmitted by an RF 
(radio frequency) unit 1 6 of the telephone 1 0 by a down- 
link transmission path 1 8 to a base station 20. In corre- 
sponding fashion, a voice signal to be received by the 
telephone 10 is transmitted from the base station 20 
along an up-link transmission path 22 to the RF unit 16. 
The telephone 1 0 is part of a telephone system including 
a multitude of telephones (not shown) which communi- 

so cate with each other via the base station 20 in designat- 
ed frequency bands, and by analog or digital modes of 
communication which are well known. By way of exam- 
ple, well known modes of digital communication include 
the aforementioned TDMA and CDMA. The telephone 

55 10 is constructed as a dual-mode telephone capable of 
communicating alternatively in either an analog or a dig- 
ital mode of communication. 

The telephone 10 further comprises a codec 24. a 
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digital signal processor (DSP) 26 under control of a mi- 
crocontroller unit (MCU) 28, a control pane! 30 also con- 
trolled by the MCU 28 ; a transmit modulator 32 coupled 
by a digital-to-analog converter 34 to the RF unit 1 6, and 
a receive demodulator 36 coupled via an analog-to-dig- 
ital converter 38 to the RF unit 16. The control panel 30 
may be constructed in a well-known form having push- 
buttons and a display utilized by a person operating the 
telephone 10 to place a call. The DSP 26 includes an 
analog transmitter 40, a digital transmitter 42, a digital 
receiver 44, and an analog receiver 46. The RF unit 16 
comprises a transmitter 48, a receiver 50, an antenna 
52, and a duplexer 54 which interconnects the transmit- 
ter 48 and the receiver 50 with the antenna 52. The base 
station 20 includes an antenna 56 for electromagnetic 
communication via the paths 1 8 and 22 with the antenna 
52 of the RF unit 16. Also included in the DSP 26 is a 
pair of switches 58 and 60 to enable selection of the an- 
alog or digital mode of communication. Four additional 
switches 62, 64 : 66, and 68 are provided in the DSP 26 
and are operative in conjunction with the switches 58 
and 60 for reconfiguring the interconnection of the com- 
ponents of the DSP 26 to introduce a digitally formatted 
signal into an analog branch of a receiving channel (to 
be described hereinafter), thereby to enable generation 
of a digitally compressed signal for subsequent storage 
in the practice of the various features of the invention 
as will be described hereinafter. 

The analog transmitter 40 and the digital transmitter 
42 represent parallel branches of the transmit channel, 
and the analog receiver 46 and the digital receiver 44 
represent parallel branches of the receive channel of the 
telephone 10 Either the analog branches or the digital 
branches are employed depending, respectively, on 
whether an analog or digital mode of communication is. 
to be employed. Furthermore, the digital transmitter 42 
and the digital receiver 44 may be connected in a back- 
to-back configuration when it is desired to introduce the 
digital speech compression into a received analog- 
mode signal for storage. Such back-to-back configura- 
tion can be accomplished by a switching of existing cir- 
cuitry of the DSP 26 without need for additional circuitry. 

In operation, during both analog and digital modes 
of communication, the codec 24 provides for a sampling 
of the audio signal received by the microphone 12, the 
sampling being accomplished at a rate of typically 8,000 
Hertz (Hz) by use of pulse code modulation (PCM) 
wherein the amplitude of each signal sample is held until 
the occurrence of the next sample. The amplitudes of 
the successive samples are converted from analog to 
digital format by an analog-to-digital converter 70 of the 
codec 24. The output signal of the converter 70 is a dig- 
ital bit stream representing the samples of the speech 
waveform. By way of example, for a linear codec having 
1 3 bit resolution, the output of the converter 70 provides 
13 bits per sample wherein the samples are outputted 
at a rate of 8.000 samples per second. This gives a bit 
rate of 104 Kbits per second. In the event that the codec 
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24 operates in a nonlinear, such as a Mu-law. fashion 
having an 8 bit resolution per sample, and the samples 
are outputted at a rate of 8,000 samples per second, the 
output of the converter 70 is at 64 Kbits per second. Also 

5 included in the codec 24 is a digital-to-analog converter 
72 which provides a conversion process which is re- 
verse to that of the converter 70. The converter 72 con- 
verts a digital bit stream outputted via the switch 60 of 
the DSP 26 to a succession of analog signal samples 

io which drive the speaker 14. In the analog communica- 
tion mode, wherein there is no digital signal compres- 
sion, the speech quality outputted by the speaker 14 
may be referred to as PCM speech quality. 

In the analog communication mode, the digital bit 

*5 stream outputted by the converter 70 is coupled via the 
switch 58 to the analog transmitter 40 wherein the 
speech samples are interpolated to increase the sam- 
pling rate from the foregoing rate of 8,000 samples per 
second to a rate of 160 Ksamples per second. This pre- 

20 serves the 1 3 bit resolution of a sample. The signal out- 
putted by the analog transmitter 40 is applied to the 
transmit modulator 32 which acts, in the analog commu- 
nication mode, to provide for a frequency modulation of 
the output signal of the analog transmitter 40. This mod- 

25 ulation is accomplished digitally, and a digital output sig- 
nal of the modulator 32 is 'then converted by the con- 
verter 34 to analog format and applied to an input ter- 
minal of the transmitter 48. The transmitter 48 includes 
circuitry (not shown) for modulating the output signal of 

30 the converter 34 on to the down-link RF carrier for trans- 
mission to the base station 20. 

The voice signal transmitted from a distant, tele- . 
phone via the base station 20 is communicated by an 
up-link carrier frequency and via the duplexer 54 to the 

35 receiver 50. The duplexer 54 serves to separate the 
transmitted carrier signal of the transmitter 48* from the 
received carrier signal at the receiver 50. The receiver 
50 translates the received voice signal from the carrier 
frequency to an intermediate frequency (IF). The IF sig- 

-to nal is converted from analog to digital format by the con- 
verter 38 and applied to the receiver demodulator 36. 
The receive demodulator 36 demodulates the FM sig- 
nal, and outputs the demodulated signal to the analog 
receiver 46 of the DSP 26. In the analog receiver 46. the 

45 speech sampling rate is reduced from 40 Ksamples per 
second, via a- down-sampling procedure, to the 8,000 
sample per second rate, and is then sent via the switch 
62 and the switch 60 to the converter 72 of the codec 
24. The converter 72 converts the digitally formatted sig- 

50 nal to the analog format, as has been noted above, for 
driving the speaker 14. 

In the digital communication mode, use is made of 
the digital transmitter 42 and the digital receiver 44 
which constitute a vocoder 74, the vocoder 74 being a 

55 part of the DSP 26 and operating under control of the 
microcontroller unit 28. The vocoder 74 operates in a 
well-known fashion to introduce a compression to the 
speech for voice signals to be transmitted by the RF unit 
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16. and to decompress, or expand, voice signals re- 
ceived by the RF unit 1 6. The vocoder 74 may be oper- 
ative to provide for signal compression and decompres- 
sion in accordance with the well-known CDMA or TDMA 
protocols. A speech compression protocol may be used 
for cellular telephony in big cities having a relatively 
large amount of telephone traffic, as compared to rural 
areas. The speech compression enables many more 
telephone conversations to be conducted concurrently 
among a multitude of telephones than is possible with 
the analog mode of communication. The speech com- 
pression employs the digital communication mode. Op- 
eration of the switch 58 in conjunction with the switches 
64 and 66 selects which branch of the transmit channel 
is to handle the outgoing voice signal of the microphone 
12. Operation of the switch 60 selects the branch of the 
receive channel which is to handle the received signal 
for driving the speaker 1 4. 

By way of example, in the case of a vehicle trans- 
porting the telephone 1 0 from a large city to a rural area, 
the switches 58 and 60,would be initially in a position for 
conduction of the voice signal via the digital transmitter 
42 and via the digital receiver 44 in the digital commu- 
nication mode. Thereafter upon passage of the vehicle 
from the city into the rural area, the switch 58 would be 
operated to switch the outgoing voice signal via the an- 
alog transmitter 40, thereby to bypass the digital trans- 
mitter 42. Also, if desired, the switches 60 and 62 may 
be operated to direct the received signal via the analog 
branch of the transmit channel, thereby to bypass the 
digital receiver 44. 

In the operation of the telephone 10 in the digital 
communication mode, the signal from the converter 70 
is coupled via the switch 58 and the switch 64 to the 
digital transmitter 42. The digital transmitter 42 com- 
presses the samples of the voice signal from a sampling 
rate of 104 Kbits per second, or possibly from a rate of 
64 Kbits per second depending on the type of equipment 
used, to a maximum rate of 7.9 Kbits per second for TD- 
MA, or 4.8 Kbits per second (in average) for CDMA. The 
compressed packets of the speech are then forwarded 
by the switch 66 to encoding circuitry within the transmit 
modulator 32 which attaches a specific code word to the 
packet in accordance with central timing provided by the 
base station 20. Such encoding is well-known, and need 
not be described in detail for an understanding of the 
practice of the invention. The coded word is then mod- 
ulated, as by means of phase-shift keying for example, 
upon an I F carrier via the modulator 32. Thereupon, the 
output signal of the transmit modulator 32 is converted 
from digital format to analog format by the converter 34 = 
translated to an RF carrier at the transmitter 48. and out- 
putted via the duplexer 54 and the antenna 52 to the 
base station 20. 

Reception of the voice signal in the digital commu- 
nication mode proceeds in corresponding fashion 
wherein the signal, received from the base station 20 
via the antenna 52 and the duplexer 54. is translated at 



the receiver 50 from the RF carrier to an IF carrier. 
Thereupon, the received signal is converted from digital 
to analog format by the converter 38 and applied to the 
receive demodulator 36. The receive demodulator 36 is 
s operative to demodulate the phase modulation and to 
recover the compressed packet by a decoding of the 
code word. Thereupon, the compressed packet is for- 
warded via the switch 68 to the digital receiver 44 which 
decompresses, or expands, the packet from the sam- 
10 pling rate of 7.95 Kbits per second to obtain the original 
sampling rate of 104 Kbits per second (or 64 Kbits per 
second). The signal format at the output of the digital 
receiver 44 is.the same format as is present at the input 
terminal of the digital transmitter 42. The output signal 
'5 of the digital receiver 44 is applied via the switch 60 to 
the converter 72 to regain the analog signal format for 
driving the speaker 14. Control of the switches 58, 60, 
62, 64 : 66, and 68 to provide interconnections of the 
components of the DSP 26 is accomplished by com- 
20 mands from the microcontroller unit 28. 

The telephone 10 further comprises a memory 76 
for storage of speech received from the microphone 1 2 
or the receiver 50, and for outputting speech to the 
speaker 1 4 or to the transmitter 48. In the preferred em- 
25 bodiment of the invention, the speech is compressed 
prior to being stored in the memory 76. If desired, the 
memory 76 may be divided into a transmit section 78 
and a receive section 80. Thereby, signals stored for 
subsequent transmission via the transmitter 48 may be 
30 stored in the transmit section 78, and signals inputted 
from the receiver 50 may be stored in the receive section 
80. An address unit 82 which includes control circuitry 
for the memory 76 applies address signals to the mem- 
ory 76, under command of the microcontroller unit 28, 
35 for storing the various speech messages at desired lo- 
cations within the memory 76, and for reading out stored 
speech and any other form of message or data which 
may be stored within the memory 76. 

The DSP 26 further comprises two switches 84 and 
-to 86 connected respectively to input and output ports of 
the memory 78. The switch 84 enables the selective in- 
putting of data to the memory 78 from either the transmit 
or receive channels of the telephone 1 0, while the switch 
86 enables outputting of data from the memory 78 to 
^5 either the transmit or receive channels of the telephone 
10. Direction of the memory 78 to store or to output 
speech and/or other data comes from commands en- 
tered via pushbuttons on the control panel 30, or by 
commands from a distant telephone communicating via 
so the base station 20. In the case of communication of di- 
rections to the memory 78 via the base station 20, the 
commands are received as codes which are decoded 
by a decoder 88. The decoder 88 is responsive to coded 
signals which are received by the receiver 50 and ap- 
55 pear in demodulated form at the receive demodulator 
36. The decoder 88 outputs the decoded commands to 
the microcontroller unit 28. 

In the operation of the telephone 10. whether the 
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particular mode of operation involve the memory 76 or 
not the various circuits within the telephone 10 may be 
powered by a battery 90. A sensor 92 of the voltage out- 
putted by the battery 90 monitors the battery voltage and 
the state of charge of the battery, the battery voltage be- 
ing related to the state of charge. The sensor 92 outputs 
the battery voltage to the microcontroller unit 28 where- 
by the microcontroller unit 28 is able to assess the useful 
lifetime of the battery 90 remaining until the next charge. 
In accordance with a feature of the invention, the re- 
maining useful lifetime of the battery 90 can be extended 
by reducing the sampling rate of the codec 24 and the 
corresponding sampling rate of the compression circuit- 
ry of the digital transmitter 42. Due to the reduced sam- 
pling rate, the fidelity of the speech is reduced. This 
mode of operation is introduced by the microcontroller 
unit 28 under command of a person using the telephone 
10, the person entering the command by pushbuttons 
on the control panel 30. 

In the operation of the memory 76, a watchdog cir- 
cuit 94 connects between the memory 76 and the mi- 
crocontroller 28 for monitoring the utilization of storage 
space within the memory 76, and for reporting to the mi- 
crocontroller unit 28 the availability of the storage space 
within the memory 76. In this way, the microcontroller 
unit 28 can present a message on the control panel 30 
alerting the user of the telephone 10 to the fact that the 
user may need to cut short his message in order to con- 
serve the available memory space. Also, in accordance 
with a feature of the invention, the watchdog circuit 94 
may be employed for signaling the microcontroller 28 to 
reduce the compression rate of the vocoder 74 and the 
compression circuitry of the digital transmitter 42 to re- 
duce the number of samples per spoken word which are 
to be stored in the available space of the memory 76. 
This feature of the invention extends the length of a mes- 
sage, inputted via the microphone 12, which can be 
stored in the memory 76. 

The switch 58 is shown as having a mechanical con- 
struction including a slider which enables connection of 
the output terminal of the converter 70 to either the an- 
alog transmitter 40, the digital transmitter 42, or to both 
the analog transmitter 40 and the digital transmitter 42. 
The switch 84 is of similar construction, and enables 
connection of the input port of the memory 76 to either 
the digital transmitter 42 (via the switch 66), or to an out- 
put terminal of the receive demodulator 36. or to both 
the digital transmitter 42 and to the receive demodulator 
36. The switch 66 has three output terminals wherein a 
first of the output terminals enables connection of the 
digital transmitter 42 to the transmit modulator 32. a sec- 
ond of the output terminals enables connection of the 
digital transmitter 42 to a line 96 interconnecting the dig- 
ital transmitter 42 with the switches 86, 84, and 68, and 
a third output terminal which may include a load resistor 
(not shown) wherein the switch 66 may be parked when 
the digital transmitter 42 is not in use. As is the case with 
the switches 58 and 84. the input terminal of the switch 



66 is provided with a slider to enable connection, if de- 
sired, with both the line 96 and the transmit modulator 
32. The switch 68 also has three input terminals of which 
one terminal serves as a position for parking the switch 
5 68 when the digital receiver 44 is not in use. Also, in the 
case of the switch 86. there are three output terminals, 
one of which serves as a position for parking the switch 
86 when no output signal is required from the memory 
76. 

10 For operation of the telephone 10 in the manner of 
a voice pad, in accordance with a feature of the inven- 
tion, a message is stored in the memory 76 for recall at 
a later time. This feature may be implemented in differ- 
ent embodiments. In a first of the embodiments, speech 
15 from the microphone 1 2 is to be coupled to the memory 
76 for storage therein, and the stored speech or mes- 
sage may be played back at a later date to be heard via 
the speaker 1 4. In order to provide efficient utilization of 
the space of the memory 76, the speech is to be com- 
20 pressed by the compression circuitry of the digital trans- 
mitter 42 prior to storage within the memory 76. Accord- 
ingly, upon entering a voice-pad command into the con- 
trol panel 30 for the microcontroller unit 28, the switches 
58, 64, 66, and 84 are operated to provide for a circuit 
25 path by which the output terminal of the converter 70 is 
coupled via the switches 58 and 64 to an input terminal 
of the digital transmitter 42, and wherein an output ter- 
minal of the digital transmitter 42 is coupled via the 
switches 66 and 84 to the memory 76. 
30 In operation, the converter 70 converts the speech, 

or voice signals, to digital words which are compressed 
by the compression circuitry of the digital transmitter 42 
to the format of compressed speech, the compressed 
speech then being inputted into storage space of the 
35 memory 76 at addresses commanded by the address 
unit 82. At the later date, when it is desired to recall the 
stored message, the stored message may be outputted 
to the speaker 14 by operation of the switches 86. 68, 
and 60 to provide an electrical circuit path from the out- 
40 put port of the memory 76 to the input terminal of the 
digital receiver 44. and from the output terminal of the 
digital receiver 44 to the converter 72 for outputting the 
speech at the speaker 1 4. The expansion circuitry of the 
digital receiver 44 acts to expand the compressed 
45 speech to restore the speech to its original digital format, 
whereupon the converter 72 converts the digital format 
to the analog format to output the analog speech from 
the speaker 1 4. 

Alternatively, if desired, the stored message may be 
50 recalled via the transmit channel of the telephone 1 0 by 
connecting the switch 86 to provide a circuit path from 
the output port of the memory 76 to the digital input ter- 
minal of the transmit modulator 32. Thereby, a person 
at a distant telephone can receive the outputted mes- 
55 sage via the base station 20. If desired, the switches 58, 
64, and 66 may be operated to connect the microphone 
12 and the converter 70 via the digital transmitter 42 to 
the digital input terminal of the transmit modulator 32. 
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This enables the outgoing voice of a person speaking 
into the microphone 1 2 to be communicated to the dis- 
tant telephone via the base station 20 along with the 
message being outputted by the memory 76. By way of 
example., this mode of operation enables a previously 
stored memorandum to be included within a telephone 
conversation. 

It is also possible to accomplish the voice-pad func- 
tion by recording an outgoing message spoken into the 
microphone 1 2 during a telephone conversation, by op- 
erating the switch 66 to connect the digital transmitter 
42 to both the transmit modulator 32 and : via the switch 
84, to the memory 76. Thereby, the compressed digital 
outgoing speech is applied to both the transmit modu- 
lator 32 for transmission to the base station 20 : and to 
the memory 76, to be stored for later recall. The recall 
can be done at a later time during the same conversa- 
tion, as has been explained hereinabove, or at a time 
subsequent to the conversation. 

In the operation of the voice-pad function, a spoken 
message by a person at the distant telephone, commu- 
nicated via the base station 20 to the telephone 10, can 
be entered into the memory 76 to be stored for later re- 
call. For digital mode communication, the switch 84 is 
operated to connect the input port of the memory 76 to 
the output terminal of the receive demodulator 36. 
Thereby, as the compressed speech is outputted from 
the receive demodulator 36 to be expanded in the digital 
receiver 44 for subsequent output at the speaker 1 4, the 
compressed speech from the receive demodulator 36 is 
also applied to the memory 76 to be stored therein. This 
recording function of the memory 76 is implemented by 
operation of pushbuttons on the control panel 30 to di- 
rect the microcontroller unit 28 to activate the voice-pad 
function by storing the incoming compressed speech 
within the memory 76. 

The foregoing description of the voice-pad feature 
has been described in terms of a digitally operated tel- 
ephone system. However, in the event that the telephon- 
ic communication is being carried on in the analog 
mode, the telephone 10 is still capable of accomplishing 
the voice-pad feature. Thus : to accomplish a recording 
of the outgoing voice from the microphone 12 during 
communication in the analog mode with a distant tele- 
phone via the base station 20, the switch 58 is posi- 
tioned to couple the converter 70 to both the analog 
transmitter 40 and, via the switch 64, to the digital trans- 
mitter 42. The voice signals communicated via the an- 
alog transmitter 40 proceed through the transmit chan- 
nel to the RF unit 1 6 in the analog mode of communica- 
tion. Concurrently, the speech outputted by the convert- 
er 70 is compressed by the compression circuits of the 
digital transmitter 42, and applied via the switches 66 
and 34 to the memory 76 to be stored in compressed 
format therein. 

Storage of speech signals communicated via the 
analog mode through the receive demodulator 36 can 
be accomplished in the following manner. Speech in the 



analog format is outputted by the analog receiver 46. 
and is applied via the switches 62 and 64 to the digital 
transmitter 42 which provides the speech compression. 
Thereafter, the compressed speech from the digital 

5 transmitter 42 is applied via the switches 66 and 84 to 
the memory 76 to be stored in the compressed format 
within the memory 76. The playback of the recorded 
speech must be accomplished by a digital expansion 
procedure and, accordingly, the speech outputted by the 

io memory 76 is coupled via the switches 86 and 68 to the 
expansion circuitry of the digital receiver 44. Thereupon, 
the compressed speech is expanded and applied via the 
switch 60 to the converter 72 to be outputted by the 
speaker 14. 

'5 The routing of the analog-format voice signal via the 
digital transmitter 42 and, after readout from the memory 
76, the further routing through the digital receiver 64 re- 
store the voice signal to its original analog format. How- 
ever, a digital signal quality is appended to the signal. If 

20 desired, the received analog signal can be routed 
through both the digital transmitter 42 and the digital re- 
ceiver 44 without storage in the memory 76, such routing 
being accomplished simply to impart the digital sound 
quality to the received signal whereby the digital sound 

25 quality is received both in communication via the digital 
format and communication via the analog format. This 
may be advantageous in certain communication situa- 
tions wherein there is a hand-off between one base sta- 
tion in the digital mode and a second base station in the 

30 analog mode, as has been described in further detail in 
pending U. S. application of Heidari, Ser. No. 
08/381.314 filed on January 31. 1995. 

Furthermore, in accordance with the invention, the 
prompt feature is accomplished by storing an instruc- 
ts tional message within the memory 76. If desired, several 
instructional messages may be stored within the mem- 
ory 76, individual ones of the messages then being ac- 
cessed by pushbuttons on the control panel 30 to direct 
the microcontroller unit 28 to read out a desired mes- 

■io sage from the memory 76. In the practice of the prompt 
function, the initial storage of the message is accom- 
plished in the manner previously described wherein the 
message is spoken into the microphone 12, converted 
to digital format by the converter 70. and then applied 

-*5 via the switches 58 and 64 to the digital transmitter 42. 
The compression circuitry of the digital transmitter 42 
compresses the speech whereupon, via the switches 66 
and 84, the compressed speech is applied to the mem- 
ory 76 for storage therein. 

so Readout is accomplished in a manner analogous to 
the readout of an outgoing message of an answer ma- 
chine employed in voice mail situations. The presence 
of an incoming signal, communicated via the base sta- 
tion 20. is determined by the decoder 38. The decoder 

55 88 then signals the microcontroller unit 28 of the pres- 
ence of the incoming signal. The person utilizing the tel- 
ephone 10 may then lift the receiver and talk via the mi- 
crophone 12. Alternatively, if the person utilizing the tel- 
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ephone 10 is in a situation wherein speaking is not ad- 
visable, such as in a meeting, then the receiver (not 
shown) remains on hook and the microcontroller unit 28 
directs the memory 76, via the address unit 82, to output 
the desired stored message, or prompt. The outputted 
message, or prompt, is communicated via the switch 86 
to the transmit modulator 32. thereby providing an out- 
going prompt message to the distant telephone advising 
a person at the distant telephone with a specific instruc- 
tion. By way of example, the specific instruction, or 
prompt, may advise the person at a distant telephone to 
wait a moment while the person at the telephone 1 0 pro- 
ceeds to another location wherein it is appropriate to lift 
the receiver and begin speaking into the microphone 1 2. 
The prompt feature of the invention avoids the situation 
wherein a telephone caller may hang up prematurely be- 
fore the intended called person has a chance to pick up 
the receiver and begin conversing. 

The invention also provides for the feature of voice 
mail which is implemented by the telephone 1 0 in a man- 
ner similar to that of the prompt. In this case, the outgo- 
ing message of the prompt advises the calling party to 
leave a message after a tone. The tone may be prere- 
corded within the memory 76 and outputted under com- 
mand of the microcontroller unit 28. Thereupon, in the 
case of the digital mode of communication, the switch 
84 connects the input port of the memory 76 to the out- 
put digital-mode port of the receive demodulator 36 to 
store the incoming message from the distant telephone. 

In the event that the telephone 10 is operating in the 
analog mode of communication with the distant tele- 
phone for the voice mail function, the analog mode of 
signal is applied via the output analog terminal of the 
receive demodulator 36 to the analog receiver 46. 
Thereupon, by operation of the switches 62 and 64. the 
analog-mode signal outputted by the receiver 46 is con- 
nected to the digital transmitter 42 which provides for 
the digital compression of the incoming message. The 
compressed incoming message is then coupled via the 
switches 66 and 84 to the memory 76 to be recorded 
therein. Operation of the switches 62, 64, 66, and 84 is 
accomplished under control of the microcontroller unit 
28 as has been noted hereinabove. Playback of the re- 
corded message from the memory 76 is accomplished 
in any one of the modes described hereinabove. For ex- 
ample, the playback may be accomplished by directing 
the outputted signal from the memory 76 via the switch- 
es 86 and 68 to the digital receiver 44 for expansion of 
the compressed signal, whereupon the expanded signal 
is coupled via the switch 60 to the converter 72 for out- 
putting at the speakers 14. Alternatively, the message 
outputted by the memory 76 may be connected via the 
switch 86 to the digital-mode input terminal of the trans- 
mit modulator 32 for transmission to a distant telephone 
in a subsequent telephonic communication between the 
distant telephone and the telephone 10. 

An aspect of the voice mail feature is the fact that, 
in the digital-mode of communication, the telephone 



number of the distant calling party is included within the 
transmission protocol. This is recognized by the decod- 
er 88 and applied to the microcontroller unit 28 which 
provides the number to the control panel 30 for presen- 
5 tation on a display thereof. If desired, no message need 
be left by the calling party : in which case the voice mail 
feature is reduced to simply the function of a beeper 
which displays the number of the calling party, in the 
case of the analog-mode of communication, the prompt 
io of the outgoing message of the voice-mail feature 
should include a request of the calling party to leave the 
telephone number as a part of the incoming message. 
If desired, the decoder 88 may include circuitry (not 
shown) for detection of the DTMF (dual tone multiple 
is frequency) tones, and the voice prompt of the outgoing 
message direct the calling party to enter a desired call- 
back telephone number via the keypad of the calling par- 
ty- 

A further feature of the invention is the use of the 
20 telephone 10 to provide the function of a digital tran- 
scriber. In this mode of operation, a message is to be 
stored within the memory 76, and is to be outputted via 
the speaker 14 for transmission by a secretary, or is to 
be outputted to a distant telephone via communication 
25 through the base station 20 for transcription by a secre- 
tary at the location of the distant telephone. The mes- 
sage or dictation to be transcribed is stored in the mem- 
ory 76 in the same fashion as has been described here- 
inabove for the storing of a prompt within the memory 
30 76. For reading out the stored message, the readout 
may occur via the speaker 14 in the same manner as 
has been described for operation of the voice pad or the 
voice mail functions. 

Alternatively, for transmission of the dictation to the 
35 distant telephone, communication is established with 
the distant telephone, after which the stored message 
or dictation is outputted from the memory 76 via the 
switch 86 to the input digital-mode terminal of the trans- 
mit modulator 32. Thereupon, the dictation proceeds 
40 over the communication link to the distant telephone via 
the base station 20. Initiation or termination of the play- 
back of the message from the memory 76 is accom- 
plished by use of the pushbuttons on the control panel 
30 for directing the microcontroller unit 28 to initiate the 
45 reading-out or for terminating the reading-out of the 
message. Since the decoder 88 is capable of detecting 
the DTMF tones of a distant calling telephone, the de- 
coder 88 may be constructed with the capacity to dis- 
cern among various commands which may be imple- 
50 mented by the tones such as forward, reverse, and play 
functions, commonly associated with transcription 
equipment. In this way, the distant caller can control the 
readout function from the memory 76 to facilitate the 
transcription process and to increase its accuracy. 
55 In the foregoing description, the various switches 

58-68 and 84-86 have been described in terms of me- 
chanical forms of switches. However it is to be under- 
stood that the functions of these switches are to be per- 
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formed in a preferred embodiment of the invention by 
electronic switching circuitry. Also, the base station 20 
is understood to be a facility for controlling telephone 
traffic. In the case of cellular telephony, such a facility is 
housed in a building "with antennas for communicating 5 
with the radiotelephones, or mobile telephones, within 
the communication cell handled by the base station. 
However, the principles of the invention apply also to 
other forms of communication systems, such as a traffic 
control facility carried on board a satellite, in which case '0 
the base station would be the satellite. 2. 

By virtue of the foregoing features, and their imple- 
mentation with the existing equipment of the telephone 
10, the invention has demonstrated the use of the exist- 
ing equipment to provide numerous additional benefits 15 
with minimal additions of hardware and software to a 3. 
dual-mode telephone. 

It is to be understood that the above described em- 
bodiment of the invention is illustrative only, and that 
modifications thereof may occur to those skilled in the 20 
art. 4. 
Accordingly, this invention is not to be regarded as lim- 
ited to the embodiment disclosed herein, but is to be lim- 
ited only as defined by the appended claims. 5. 

25 

Claims 

1. A radiotelephone (10) comprising: 6. 

30 

a radio frequency (RF) unit (16) enabling trans- 
mission and reception of voice signals between 
the radiotelephone (10) and a distant site via a 
base station (20): 

35 

a voice input means (12) and a transmit chan- 
nel interconnecting the voice input means (12) 
to the RF unit (16); 

a voice output means (14) and a receive chan- 40 
nel interconnecting the voice output means ( 1 4) 
to the RF unit (16): 

a memory (76) for storing one of said voice sig- 7. 
nals, said one voice signal being carried by ei- 45 
ther of said channels: 

switching means comprising an input switch 
(84) operative to direct said voice signal to said 
memory (76) from at least one of said channels, so 
said switching means further comprising an 
output switch (86) operative to direct said voice 
signal from said memory to at least one of said 
channels: 8. 

55 

controller means (28), operative in response to 
a first command, for directing said switching 
means to effect connection of said memory (76) 



to one of said channels for storing in said mem- 
ory (76) said voice signal carried by said one 
channel: and 

wherein said controller means is operative fur- 
ther, in response to a second command, for di- 
recting said switching means to effect connec- 
tion of said memory to one of said channels for 
outputting said voice signal from said memory. 

A radiotelephone according to claim 1 . further com- 
prising a compressor (42) of voice signals and 
wherein the memory stores compressed voice sig- 
nals. 

A radiotelephone according to claim 2. which is op- 
erable in a digital mode and wherein the compres- 
sor (42) is located in a digital portion of said transmit 
channel. 

A radiotelephone according to claims 2 or 3 S further 
comprising an expander (44) of voice signals. 

A radiotelephone according to claim 4, which is op- 
erable in a digital mode and wherein the expander 
(44) is located in a digital portion of said receive 
channel. 

A radiotelephone according to any preceding claim 
wherein : in response to said first command, said 
memory (76) stores said voice signal from said 
transmit channel and/or said receive channel and, 
in response to said second command, said memory 
(76) outputs said voice signal to said receive chan- 
nel, wherein said first command is initiated at the 
radiotelephone (10) and said second command is 
initiated at the radiotelephone (10) for attainment of 
a voice-pad function with recordation of an outgoing 
one of said voice signals from said transmit channel 
and/or a voice-pad or voice-mail function with re- 
cordation of a distant one of said voice signals from 
the distant site. 

A radiotelephone according to any of claims 1 to 5 
wherein, in response to said first command, said 
memory (76) stores said voice signal from said 
transmit channel and, in response to said second 
command, said memory (76) outputs said voice sig- 
nal to said transmit channel, wherein said first com- 
mand is initiated at the radiotelephone ( 1 0) and said 
second command is initiated at the distant site for 
attainment of a prompt function. 

A radiotelephone according to any of claims 1 to 5 
wherein, in response to said first command, said 
memory (76) stores said voice signal from said 
transmit channel and. in response to said second 
command, said memory (76) outputs said voice sig- 



11 



21 



EP 0 762 711 A2 



nal to said transmit channel wherein said first com- 
mand is initiated at the radiotelephone ( 1 0) and said 
second command is initiated at the radiotelephone 
(10) for attainment of a transcribe function with re- 
cordation of an outgoing one of said voice signals 5 
for transcription to the distant site. 

9. A radiotelephone according to any preceding claim 
further comprising sampling means for converting 

an outgoing one of said voice signals from analog 10 
format to digital format, and watchdog means (92) 
for monitoring available storage space in said mem- 
ory (76), said controller means (28) being operative 
to extend a communication function of the radiotel- 
ephone (10) during a state of reduced availability of is 
storage space in said memory (76) by reducing a 
sampling rate of said sampling means. 

10. A radiotelephone (10) comprising: 

20 

a radio frequency (RF) unit (16) enabling trans- 
mission and reception of voice signals between 
the radiotelephone (10) and a distant site via a 
base station (20); 

25 

a voice input means (12) and a transmit chan- 
nel interconnecting the voice input means (12) 
to the RF unit (16); 

a voice output means ( 1 4) and a receive chan- 30 
ne! interconnecting the voice output means ( 1 4) 
to the RF unit (16); 

sampling means (94) for converting an outgo- 
ing one of said voice signals from analog format 35 
to digital format for communication via said 
transmit channel; 

a battery (90) providing battery-powered oper- 
ation of the radiotelephone: 40 

status means (92) for determining a status of 
stored energy within said battery (90): and 

controller means (28) operative to extend a ^ 
communication function of the radiotelephone 
(10) during a low-energy state of said battery 
by reducing a sampling rate of said sampling 
means. 
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(54) Speech storage in a portable cellular telephone 



(57) A cellular telephone (10) having transmit and 
receive channels with a digital-mode communication ca- 
pability includes also a memory (76) and switching cir- 
cuitry operative under control of a microcontroller (28). 
The switching circuitry enables connection of input and 
output ports (78,80) of the memory (76) to either one of 
the channels. By entry of commands to the microcon- 
troller (28).. the microcontroller (28) arranges the config- 
uration of the switching circuitry to permit storage in the 
memory (76) of a message originating locally from a us- 
er of the telephone (10) : inputted via a microphone (12) 
connected to the transmit channel, or from a distant tel- 
ephone connected via a communication link to the re- 
ceiving channel. Subsequent playback of the message 
from the memory (76) may be coupled via the switching 



circuitry to a speaker (14) of the telephone (10) to be 
heard by a user of the telephone (10) : or may be out- 
putted to the transmit channel for communication to the 
distant telephone. Preferably the message is stored in 
compressed format to save memory space. Compres- 
sion may be provided by compression circuitry (42) in 
the transmit channel in the event of an inputted analog 
protocol message from the distant telephone. Playback 
may be accomplished by way of expansion circuitry (44) 
of the receive channel. This enables the telephone (10) 
to provide features of prompt, voice pad. transcription, 
and voice mail. In addition, a reduction on a data sam- 
pling rate, in response to the condition of a battery 
charge, permits an extended period of operation of the 
telephone (10) prior to the termination of adequate bat- 
tery voltage. 
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